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(57) ABSTRACT

An apparatus for signal bandwidth compensation is dis-
closed. The apparatus includes: a digital predistortion filter-
ing unit, a compensation filter, a conversion unit, and a power
amplifier; where the digital predistortion filtering unit
receives an original signal, performs predistortion processing
on the original signal; the compensation filter receives the
predistortion signal, compensates for distortion caused dur-
ing a process of transmitting the predistortion signal to the
power amplifier, and outputs a compensated predistortion
signal to the conversion unit; the conversion unit receives the
compensated predistortion signal, converts the compensated
predistortion signal into an analog signal, performs frequency
mixing processing, and outputs a predistortion signal experi-
encing the frequency mixing to the power amplifier; the
power amplifier receives the predistortion signal experienc-
ing the frequency mixing, amplifies the predistortion signal
experiencing the frequency mixing, and outputs an amplified
signal.

8 Claims, 3 Drawing Sheets
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1
METHOD FOR IMPLEMENTING
COMPENSATION FILTER AND APPARATUS
FOR SIGNAL BANDWIDTH COMPENSATION

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation of International Appli-
cation No. PCT/CN2013/080501, filed on Jul. 31, 2013,
which claims priority to Chinese Patent Application No.
201210508814.7, filed on Dec. 3, 2012, both of which are
hereby incorporated by reference in their entireties.

TECHNICAL FIELD

Embodiments of the present invention relate to the com-
munications field, and in particular, to a method for imple-
menting a compensation filter and an apparatus for signal
bandwidth compensation.

BACKGROUND

In a communication network in a practical application, a
filter feature of a communication device has a rated band-
width, and a signal exceeding the rated bandwidth is not
processed. This attenuates a useful signal and affects normal
transmission of a signal. For an analog device, this problem is
especially more common. In the prior art, no device can solve
such problem.

SUMMARY

A major technical problem to be solved by embodiments of
the present invention is to provide a method forimplementing
a compensation filter, and an apparatus for signal bandwidth
compensation, so as to solve a problem of lacking a compen-
sation device in the prior art.

Embodiments of the present invention employ the follow-
ing technical solutions:

In a first aspect, a method for implementing a compensa-
tion filter is provided, including: obtaining a first parameter
matrix with the least number of columns according to a target
performance index, where an order of the first parameter
matrix is 2M+1; determining an order of a parameter matrix
of'the compensation filter as 2N+1; performing a convolution
operation on a parameter matrix of a filter feature of an
apparatus to be compensated, so as to obtain a transformation
matrix with an order being 2M+2N+1; transforming the
transformation matrix into a second parameter matrix with
2N+1 columns and 2M+1 rows; and calculating a parameter
of the compensation filter by using the following formula:

W) g

where w denotes the parameter matrix of the compensation
filter, and W=[W_,, W_p,.1, - - - » Wol'; q denotes the first
parameter matrix, and q=[q_,z 9_azess - - - » dagl”; X denotes the
second parameter matrix, and

XM-Ns X-M-Ntls -o- 5 X-M+N

X-M-N+1s X—M-N+25 «++ 5 X-M+N+1,
x= H

XM-N> XM-N+l> ==+ 5 XM+N>

and x' denotes a conjugate transpose matrix of x.
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In combination with implementation of the first aspect, in
first possible implementation of the first aspect, the trans-
forming the transformation matrix into a second parameter
matrix with 2N+1 columns and 2M+1 rows specifically
includes: taking 2N+1 elements starting from the i th element
in the transformation matrix as the i th row of the second
parameter matrix, where 0<i<=2M+1, and i is a positive
integer.

In combination with implementation of the first aspect or
the first possible implementation of the first aspect, in second
possible implementation of the first aspect, the performing a
convolution operation on a parameter matrix of a filter feature
of'an apparatus to be compensated, so as to obtain a transfor-
mation matrix with an order being 2M+2N+1 specifically
includes: if the order of the matrix that is obtained by per-
forming the convolution operation on the parameter matrix of
the filter feature of the apparatus to be compensated is greater
than 2M+2N+1, removing a same number of columns from
two ends to obtain the transformation matrix with the order
being 2M+2N+1; and if the order of the matrix that is
obtained by performing the convolution operation on the
parameter matrix of the filter feature of the apparatus to be
compensated is less than 2M+2N+1, adding a same number
of columns of zeros at two ends to obtain the transformation
matrix with the order being 2M+2N+1.

In a second aspect, an apparatus for signal bandwidth com-
pensation is provided, including: a digital predistortion filter-
ing unit, a compensation filter, a conversion unit, and a power
amplifier; where the digital predistortion filtering unit is con-
figured to receive an original signal, perform predistortion
processing on the original signal, and output a predistortion
signal to the compensation filter; the compensation filter is
configured to receive the predistortion signal from the digital
predistortion filtering unit, compensate for distortion caused
during a process of transmitting the predistortion signal to the
power amplifier, and output a compensated predistortion sig-
nal to the conversion unit; the conversion unit is configured to
receive the compensated predistortion signal from the com-
pensation filter, convert the compensated predistortion signal
into an analog signal, perform frequency mixing processing,
and output a predistortion signal experiencing the frequency
mixing to the power amplifier; and the power amplifier is
configured to receive the predistortion signal experiencing
the frequency mixing from the conversion unit, amplify the
predistortion signal experiencing the frequency mixing, and
output an amplified signal;

where a parameter of the compensation filter is obtained by
using the following formula:

W) g

where,

w is a parameter matrix of the compensation filter, w=
[W_ps W_nus - - - » Wal”, and an order of w is 2N+1; q is a first
parameter matrix, q=[q_, 9_az 1> - - - » dagl”» and an order of
q is 2M+1; the first parameter matrix is a parameter matrix
with the least number of columns that is obtained according to
a target performance index; x is a second parameter matrix,
and

X-M-N» X-M-N+l» == »  X-M+N

X-M-N+1s X—M-N+25 «++ 5 X-M+N+l»
x= H

XM-N> XM-N+l> ==+ 5 XM+N>

the second parameter matrix is obtained by transformation by
a transformation matrix; the transformation matrix is a matrix
obtained by performing a convolution operation according to
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a parameter matrix of a filter feature of a device in the con-
version unit, and an order of the transformation matrix is
2M+2N+1; and X' is a conjugate transpose matrix of x.

In combination with implementation of the second aspect,
in first possible implementation of the second aspect, that the
second parameter matrix is obtained by transformation by a
transformation matrix specifically includes: taking 2N+1 ele-
ments starting from the i th element in the transformation
matrix to form the i th row of the second parameter matrix,
where 0<i<=2M+1, and i is a positive integer.

In combination with implementation of the second aspect
or the first possible implementation of the second aspect, in
second possible implementation of the second aspect, that the
transformation matrix is obtained by performing a convolu-
tion operation on a parameter matrix of a filter feature of a
device in the conversion unit, and an order of the transforma-
tion matrix is 2M+2N+1 specifically includes: if the order of
the matrix that is obtained by performing the convolution
operation on the parameter matrix of the filter feature of the
apparatus to be compensated is greater than 2M+2N+1,
removing a same number of columns from two ends to obtain
the transformation matrix with the order being 2M+2N+1;
and if the order of the matrix that is obtained by performing
the convolution operation on the parameter matrix of the filter
feature of the apparatus to be compensated is less than
2M+2N+1, adding a same number of columns of zeros at two
ends to obtain the transformation matrix with the order being
2M+2N+1.

In combination with implementation of the second aspect,
the first possible implementation of the second aspect, or the
second possible implementation of the second aspect, in third
possible implementation of the second aspect, the target per-
formance index includes the following: a bandwidth of the
predistortion signal experiencing the frequency mixing is
greater than or equal to three times a bandwidth of an ampli-
fied signal, a signal amplitude fluctuation within a passband
of a filter formed by the compensation filter and the conver-
sion unit is less than or equal to 1 dB, and a group delay
fluctuation of a filter formed by the compensation filter and
the conversion unit is less than or equal to 5 ns.

In combination with the third possible implementation of
the second aspect, in fourth possible implementation of the
second aspect, the target performance index further includes
the following: a difference between a stopband attenuation of
the filter formed by the compensation filter and the conver-
sion unit and a passband attenuation is greater than or equal to
20 dB.

The method for implementing a compensation filter
according to the embodiments of the present invention solves
aproblem of lacking a compensation device in the prior art. A
useful signal that is attenuated due to an excess of a rated
bandwidth of a device is compensated by using the compen-
sation filter. This ensures normal transmission of a signal.

BRIEF DESCRIPTION OF DRAWINGS

FIG. 1 is a flowchart of a first embodiment illustrating a
method for implementing a compensation filter according to
the present invention;

FIG. 2 is a schematic structural diagram of a signal predis-
tortion apparatus in the prior art;

FIG. 3 is a schematic structural diagram of a first embodi-
ment illustrating an apparatus for signal bandwidth compen-
sation according the present invention; and
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FIG. 4 is a schematic structural diagram of a second
embodiment illustrating an apparatus for signal bandwidth
compensation according the present invention.

DESCRIPTION OF EMBODIMENTS

Refer to FIG. 1. FIG. 1 is a flowchart of a first embodiment
illustrating a method for implementing a compensation filter
according to the present invention. As shown in FIG. 1, the
method for implementing a compensation filter includes:

Step S101: Obtain a first parameter matrix with the least
number of columns according to a target performance index,
where an order of the first parameter matrix is 2M+1.

The target performance index refers to a performance
index that needs to reach after a compensation filter compen-
sates for an apparatus to be compensated. The target perfor-
mance index may be determined according to actual require-
ments.

After the target performance index is determined, a first
parameter matrix may be obtained according to the target
performance index. In this embodiment, the first parameter
matrix may be directly generated by using software such as
MATLAB or other tools. The order of the first parameter
matrix is determined mainly according to performance
indexes such as a bandwidth, in-band flatness, group delay,
and out-band and in-band attenuation. For example, if it is
required that the in-band flatness be less than 1 dB, the matrix
needs 20 orders; if it is required that the in-band flatness be
less than 3 dB, the matrix needs only 10 orders.

Step S102: Determine an order of a parameter matrix of the
compensation filter as 2N+1.

The higher the order of the parameter matrix of the com-
pensation filter, the better the compensation effect, but also
the higher the hardware cost. In a practical application, within
a permitted range of the cost, maximize the order of the
parameter matrix of the compensation filter.

Step S103: Perform a convolution operation on a parameter
matrix of a filter feature of an apparatus to be compensated, so
as to obtain a transformation matrix with an order being
2M+2N+1.

The parameter matrix of the filter feature of the apparatus
to be compensated may be obtained by performing vector
scanning on various devices in the apparatus to be compen-
sated, or may be obtained from device material provided by a
vendor. After the parameter matrix of the filter feature of the
apparatus to be compensated is obtained, the convolution
operation is performed on the parameter matrix to obtain the
transformation matrix with the order being 2M+2N+1.

Step S104: Transform the transformation matrix into a
second parameter matrix with 2N+1 columns and 2M+1
TOWS.

Step S105: Calculate a parameter of the compensation
filter by using the following formula:

ey

where w denotes the parameter matrix of the compensation
filter, and W=[W_,, W_n,.1s - - - » Wol'; q denotes the first
parameter matrix, and q=[q_,,,q_sz, 1> - - » dagl"; X denotes the
second parameter matrix, and

W) g

X-M-N» X-M-N+l» == »  X-M+N

X-M-N+1> X-M-N+2> -+ » X-M+N+l»
x= ;

XM-N>  XM-N+l, - XMANS

and x' denotes a conjugate transpose matrix of x.
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The formulaw=q-x'(x-x")"" for calculating the parameter of
the compensation filter is deduced using the following
method:

The compensation filter is arranged before the apparatus to
be compensated, and a combination of a filter feature of the
compensation filter and the filter feature of the apparatus to be
compensated is equivalent to a filter feature of a target filter.
Ifthe filter feature of the compensation filter, the apparatus to
be compensated, and the target filter are all denoted by a
frequency domain:

o=y @

where Q is a parameter of the target filter in the frequency
domain; Y is a parameter, in the frequency domain, of the
apparatus to be compensated; and W is a parameter of the
compensation filter in the frequency domain.

After being converted into a time frequency, the product of
the frequency domain may be denoted in the form of convo-
lution:

qm = i Ym-—nWn> ®

where the value of m ranges from —co to o

where q is a parameter matrix of the target filter in the time
frequency domain; y is a parameter matrix, in the time fre-
quency domain, of the apparatus to be compensated; and w is
a parameter matrix of the compensation filter in the time
frequency domain.

Assume that an order of the parameter matrix w of the
compensation filter is n=2N+1, the value of n ranges from -N
to N, an order of the parameter matrix q of the target filter is
m=2M+1, and the value of m ranges from -M to M . Then an
order of the parameter matrix y of the apparatus to be com-
pensated is 2M+2N+1, and the value of the order ranges from
M-M-N to M+N . Formula (3) may be simplified as follows:

& 4)
an= 3 v
n=—N

where the value of m ranges from — M to M.

According to a convolution operation rule, the parameter
matrix y of the apparatus that is to be compensated and has the
order being 2M+2N+1 is transformed into an operation
matrix X with 2M+1 rows and 2N+1 columns Formula (4) is
transformed into:

g=xw ®

Further, formula (5) is deducted to the following:

x"g=x"x-w

() g =

A formula for calculating a parameter of the compensation
filter is obtained:

W) g

(6

where q is a parameter matrix of the target filter, that is, the
first parameter matrix in the foregoing embodiment; x is an
operation matrix, that is, the second parameter matrix in the
foregoing embodiment; w is a parameter matrix of the com-
pensation filter, that is, the parameter matrix of the compen-
sation filter in the foregoing embodiment; y is a parameter
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matrix of the apparatus to be compensated, that is, the trans-
formation matrix in the foregoing embodiment; x' is a conju-
gate transpose matrix of X .

In this embodiment of the present invention, the compen-
sation filter solves a problem of lacking a compensation
device in the prior art. A useful signal that is attenuated due to
an excess of a rated bandwidth of a device is compensated by
using the compensation filter. This ensures normal transmis-
sion of a signal.

In another embodiment, based on step S101 to step S105 in
the foregoing embodiment, further, step S103 may specifi-
cally include:

obtaining an original transformation matrix by performing
a convolution operation on the parameter matrix of the filter
feature of the apparatus to be compensated, determining
whether an order of an original transformation matrix is
greater than 2M+2N+1; if the order of the original transfor-
mation matrix is greater than 2M+2N+1, removing a same
number of columns from two ends to obtain the transforma-
tion matrix with the order being 2M+2N+1; if the matrix
order of the original transformation matrix is less than
2M+2N+1, adding a same number of columns of zeros at two
ends to obtain the transformation matrix with the order being
2M+2N+1; and if the order of the original transformation
matrix is equal to 2M+2N+1, using the original transforma-
tion matrix as the transformation matrix with the order being
2M+2N+1.

In another embodiment, based on step S101 to step S105 in
the foregoing embodiment, further, step S104 may specifi-
cally include:

taking 2N+1 elements starting from the i th element in the
transformation matrix as the i th row of the second parameter
matrix, where 0<i<=2M+1, and i is a positive integer. In this
way, the second parameter matrix with 2N+1 columns and
2M+1 rows is obtained.

The transformation matrix is transformed into the second
parameter matrix, so that the number of columns of the sec-
ond parameter matrix is equal to the order of the parameter
matrix of the compensation filter.

In this embodiment of the present invention, the compen-
sation filter solves a problem of lacking a compensation
device in the prior art. A useful signal that is attenuated due to
an excess of a rated bandwidth of a device is compensated by
using the compensation filter. This ensures normal transmis-
sion of a signal.

The present invention further provides an embodiment of
an apparatus for signal bandwidth compensation. Prior to
description of the apparatus for signal bandwidth compensa-
tion, it should be noted that: Refer to FIG. 2. FIG. 2 is a
schematic structural diagram of a signal predistortion appa-
ratus in the prior art. A power amplifier 305 is incapable of
receiving a digital signal. Therefore, a predistortion signal
output by a digital predistortion filtering unit 301 needs to be
converted by a digital-to-analog conversion unit 302, and then
a baseband modulator 303 modulates a baseband signal out-
put by the digital-to-analog conversion unit 302 into an inter-
mediate frequency or radio frequency signal, and is changed
by a frequency mixer 304 into a radio frequency signal in a
target frequency band and then transmitted to the power
amplifier 305. The digital-to-analog conversion unit 302, the
baseband modulator 303, and the frequency mixer 304 are
assigned with a rated bandwidth. Therefore, a signal exceed-
ing the rated bandwidth is not processed. As a result, a part of
signals in the predistortion signals output by the digital pre-
distortion filtering unit 301 are truncated, and the predistor-
tion signals entering the power amplifier 305 are subject to
partial signal distortion. Consequently, when the power
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amplifier 305 performs amplification, the distorted predistor-
tion signal fails to offset non-linearity of the power amplifier
305, thereby forming non-linear residue, which causes inter-
ference to a signal in an adjacent channel and also may cause
an impact on an in-band signal.

In this embodiment of the present invention, a compensa-
tion filter is arranged between the digital predistortion filter-
ing unit 301 and the digital-to-analog conversion unit 302 to
compensate for a useful signal that is attenuated due to an
excess of a rated bandwidth of a device and ensure normal
transmission of a signal. For details, refer to FIG. 3. FIG. 3 is
a schematic structural diagram of a first embodiment illus-
trating an apparatus for signal bandwidth compensation
according the present invention. As shown in FIG. 3, an
apparatus 40 for signal bandwidth compensation includes: a
digital predistortion filtering unit 401, a compensation filter
402, a conversion unit 403, and a power amplifier 404.

The digital predistortion filtering unit 401 receives an
original signal, performs predistortion processing on the
original signal, and outputs a predistortion signal to the com-
pensation filter 402. The compensation filter 402 receives the
predistortion signal from the digital predistortion filtering
unit 401, compensates for distortion caused during a process
of transmitting the predistortion signal to the power amplifier
404, and outputs a compensated predistortion signal to the
conversion unit 403. The conversion unit 403 receives the
compensated predistortion signal from the compensation fil-
ter 402, converts the compensated predistortion signal into an
analog signal, performs frequency mixing processing, and
outputs a predistortion signal experiencing the frequency
mixing to the power amplifier 404. The power amplifier 404
is configured to receive the predistortion signal experiencing
the frequency mixing from the conversion unit 404, amplify
the predistortion signal experiencing the frequency mixing,
and output an amplified signal.

A parameter of the compensation filter 402 is obtained by
using the following formula:

W)t

where w is a parameter matrix of the compensation filter,
W=W_ns W_pats - - - » Wol’, and an order of w is 2N+1; qis a
first parameter matrix, q=[q_,s» 9_azr15 - - - » das]”»> and an order
of'q is 2M+1; the first parameter matrix is a parameter matrix
with the least number of columns that is obtained according to
a target performance index; x is a second parameter matrix,
and

X-M-N» X-M-N+l> == »  X-M+N
X-M-N+1s X—M-N+25 «++ 5 X-M+N+1,
x= H
XM-N> XM -N+1> XM+N >

the second parameter matrix is obtained by transformation by
a transformation matrix; the transformation matrix is a matrix
obtained by performing a convolution operation according to
a parameter matrix of a filter feature of a device in the con-
version unit, and an order of the transformation matrix is
2M+2N+1; and X' is a conjugate transpose matrix of x.

For theoretical base of the formula w=q-x'(x-x")"* for cal-
culating the parameter of the compensation filter 402, refer-
ence may be made to the first embodiment illustrating the
method for implementing a compensation filter, which is not
described herein any further.

In this embodiment of the present invention, a compensa-
tion filter 402 is arranged between a digital predistortion
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filtering unit 401 and a digital-to-analog conversion unit 402.
A useful signal that is attenuated due to an excess of a rated
bandwidth of a device is compensated by using the compen-
sation filter 402. This ensures normal transmission of a signal.

Referto FIG. 4. FIG. 4 is a schematic structural diagram of
a second embodiment illustrating an apparatus for signal
bandwidth compensation according the present invention. As
shown in FIG. 4, an apparatus 50 for signal bandwidth com-
pensation includes: a digital predistortion filtering unit 501, a
compensation filter 502, a conversion unit 503, and a power
amplifier 504. The conversion unit 503 includes: a first digi-
tal-to-analog converter 5031, a second digital-to-analog con-
verter 5032, a baseband modulator 5033, and a first frequency
mixer 5034.

A digital predistortion filtering unit 401 receives an origi-
nal signal, performs predistortion processing on the original
signal, and outputs a predistortion signal to a compensation
filter 402. The compensation filter 402 receives the predistor-
tion signal from the digital predistortion filtering unit 401,
compensates for distortion caused during a process of trans-
mitting the predistortion signal to a first power amplifier 405,
and outputs a predistortion I signal experiencing the compen-
sation and a predistortion Q signal experiencing the compen-
sation to the first digital-to-analog converter 5031 and the
second digital-to-analog converter 5032, respectively. The
first digital-to-analog converter 5031 converts the predistor-
tion [ signal into a predistortion analog I signal, and outputs it
to the baseband modulator 5033. The second digital-to-ana-
log converter 5032 converts the predistortion Q signal into a
predistortion analog Q signal, and outputs it to the baseband
modulator 5033. The baseband modulator 5033 modulates
the predistortion analog Q signal and the predistortion analog
I signal to generate a channel of predistortion analog signals,
and outputs the channel of predistortion analog signals to the
first frequency mixer 5034. The first frequency mixer 5034
change frequency of the channel of predistortion analog sig-
nals to a target frequency band, obtains predistortion signals
experiencing the frequency mixing, and outputs them to the
power amplifier 504. The power amplifier 504 receives the
predistortion signals experiencing the frequency mixing from
the first frequency mixer 5034, amplifies the predistortion
signals experiencing the frequency mixing, and outputs
amplified signals.

A parameter of the compensation filter 502 is obtained by
using the following formula:

W) g

where w is a parameter matrix of the compensation filter
502, W=[W_n» W_nuss - - - » Wol%, and an order of w is 2N+1;
q is a first parameter matriX, q=[q_ns Qorgers - - - » Qagl’» A
order of q is 2M+1, and the first parameter matrix is a param-
eter matrix with the least number of columns that is obtained
according to a target performance index. The target perfor-
mance index may be predefined according to actual needs. In
this embodiment of the present invention, the target perfor-
mance index includes the following: a bandwidth of the pre-
distortion signal experiencing the frequency mixing is greater
than or equal to three times a bandwidth of an amplified
signal, a signal amplitude fluctuation within a passband of a
filter formed by the compensation filter 402 and the conver-
sion unit 403 is less than or equal to 1 dB, and a group delay
fluctuation of a filter formed by the compensation filter and
the conversion unit is less than or equal to 5 ns. Further, the
target performance index may further include the following:
a difference between a stopband attenuation of the filter
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formed by the compensation filter 402 and the conversion unit
403 and a passband attenuation is greater than or equal to 20
dB.

X is a second parameter matrix, where

XM-Ns X-M-Ntls -o- 5 X-M+N
X-M-N+1s X—M-N+25 «++ 5 X-M+N+1,
x= H
XM-N> XM -N+1> XM+N >

the i th row of the second parameter matrix is formed by
taking 2N+1 elements starting from the i th element in the
transformation matrix, 0<i<=2M+1, and i is a positive inte-
ger. The transformation matrix is a matrix obtained by per-
forming a convolution operation according to a parameter
matrix of a filter feature of a device in the conversion unit 503,
and an order of the transformation matrix is 2M+2N+1. It
should be noted that: if the order of the matrix that is obtained
by performing the convolution operation on the parameter
matrix of the filter feature of the device in the conversion unit
503 is greater than 2M+2N+1, a same number of columns are
removed from two ends to obtain the transformation matrix
with the order being 2M+2N+1; and if the order of the matrix
that is obtained by performing the convolution operation on
the parameter matrix of the filter feature of the device in the
conversion unit 503 is less than 2M+2N+1, a same number of
columns of zeros are added at two ends to obtain the trans-
formation matrix with the order being 2M+2N+1. X' is a
conjugate transpose matrix of x.

For an origin of the formula w=qx'(x-x")"! for calculating
the parameter of the compensation filter 502, reference may
be made to the first embodiment illustrating the method for
implementing a compensation filter, which is not described
herein any further.

The predistortion filtering unit 501 includes a digital pre-
distortion filter 5011 and a digital predistortion coefficient
calculator 5012. The apparatus 50 further includes a feedback
unit 506. The feedback unit 506 includes: a second frequency
mixer 5061, a first low-pass filter 5062, a second low-pass
filter 5063, a first analog-to-digital converter 5064, and a
second analog-to-digital converter 5065.

The second frequency mixer 5061 receives an amplified
signal from the power amplifier 504, performs frequency
division processing on the amplified signal to obtain a chan-
nel of analog I signals and a channel of analog Q signals, and
outputs the analog I signals and the analog Q signals to the
first low-pass filter 5062 and the second low-pass filter 5063,
respectively. The first low-pass filter 5062 receives the analog
1 signals from the second frequency mixer 5061, performs
low-pass filtering on the analog I signals to obtain the low-
pass filtered analog I signals, and outputs the low-pass filtered
analog I signals to the first analog-to-digital converter 5064.
The first analog-to-digital converter 5064 receives the low-
pass filtered analog I signals, converts the low-pass filtered
analog I signals into a digital I signal, and outputs it to the
digital predistortion coefficient calculator 5012. The second
low-pass filter 5063 receives the analog Q signals from the
second frequency mixer 5061, performs low-pass filtering on
the analog Q signals to obtain the low-pass filtered analog Q
signals, and outputs the low-pass filtered analog Q signals to
the second analog-to-digital converter 5065. The second ana-
log-to-digital converter 5065 receives the low-pass filtered
analog Q signals, converts the low-pass filtered analog Q
signals into a digital Q signal, and outputs it to the digital
predistortion coefficient calculator 5012.
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In addition to receiving the digital I signal from the first
analog-to-digital converter 5064 and the digital Q signal from
the second analog-to-digital converter 5065, the digital pre-
distortion coefficient calculator 5012 further receives an
original signal, and calculates a predistortion coefficient
according to the original signal, the digital Q signal, and the
digital I signal, and outputs the predistortion coefficient to the
digital predistortion filter 5011. The digital predistortion filter
5011 receives the original signal, performs predistortion pro-
cessing on the original signal according to the predistortion
coefficient, and outputs a predistortion signal to the compen-
sation filter 502.

Certainly, the apparatus 50 may not include a feedback unit
506, a predefined predistortion coefficient is preset in the
digital predistortion coefficient calculator 5012, and the digi-
tal predistortion coefficient calculator 5012 directly inputs
the predefined predistortion coefficient into the digital pre-
distortion filter 5011. Alternatively, the digital predistortion
coefficient calculator 5012 is arranged at a receiver end (not
shown in a figure), the receiver end calculates a predistortion
coefficient according to the received signal and an ideal sig-
nal, adds the predistortion coefficient to a service signal,
extracts the predistortion coefficient from the service signal
by using an extracting module (not shown in a figure), and
outputs it to the digital predistortion filter 5011.

In this embodiment of the present invention, a compensa-
tion filter 502 is arranged between a digital predistortion
filtering unit 501 and a conversion unit 503. A useful signal
that is attenuated due to an excess of a rated bandwidth of a
device is compensated by using the compensation filter 502.
This ensures normal transmission of a signal.

The foregoing descriptions are merely exemplary embodi-
ments of the present invention, but are not intended to limit
the protection scope of the present invention. Any replace-
ments in terms of equivalent structure or equivalent procedure
made using content of the specification and drawings of the
present invention, or any direct or indirect applications in
other related technical fields shall all similarly fall within the
protection scope of the present invention.

What is claimed is:

1. An apparatus for signal bandwidth compensation, com-
prising:

a digital predistortion filtering unit;

a compensation filter;

a conversion unit; and

a power amplifier; wherein

the digital predistortion filtering unit is configured to

receive an original signal, perform predistortion pro-
cessing on the original signal, and output a predistortion
signal to the compensation filter;

the compensation filter is configured to receive the predis-

tortion signal from the digital predistortion filtering unit,
compensate for distortion caused during a process of
transmitting the predistortion signal to the power ampli-
fier, and output a compensated predistortion signal to the
conversion unit;

the conversion unit is configured to receive the compen-

sated predistortion signal from the compensation filter,
convert the compensated predistortion signal into an
analog signal, perform frequency mixing processing,
and output a predistortion signal experiencing the fre-
quency mixing to the power amplifier;

the power amplifier is configured to receive the predistor-

tion signal experiencing the frequency mixing from the
conversion unit, amplify the predistortion signal experi-
encing the frequency mixing, and output an amplified

signal;
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wherein a parameter of the compensation filter is obtained
by using the following formula:

W) g

wherein,
W is a parameter matrix of the compensation filter, w=
[W_ps Wnats - - - » Wal”, and an order of w is 2N+1;
qis a first parameter matrix, G=[q_, 9_pzers - - - » dag’> an
order of q is 2M+1, and the first parameter matrix is a
parameter matrix with the least number of columns that
is obtained according to a target performance index;

X is a second parameter matrix,

X-M-N» X-M-N+l> == »  X-M+N

X-M-N+1s X—M-N+25 «++ 5 X-M+N+1,
x= H

XM-N> XM-N+l> ==+ 5 XM+N>

the second parameter matrix is obtained by transformation by
a transformation matrix, the transformation matrix is a matrix
obtained by performing a convolution operation according to
a parameter matrix of a filter feature of a device in the con-
version unit, and an order of the transformation matrix is
2M+2N+1; and

X' is a conjugate transpose matrix of x.

2. The method according to claim 1, wherein the obtaining
the second parameter by transformation by a transformation
matrix specifically comprises:

taking 2N+1 elements starting from the i th element in the

transformation matrix to form the i th row of the second
parameter matrix, wherein 0<i<=2M+1, and i is a posi-
tive integer.

3. The method according to claim 1, wherein the obtaining
the transformation matrix by performing a convolution opera-
tion on a parameter matrix of a filter feature of a device in the
conversion unit, and an order of the transformation matrix is
2M+2N+1 specifically comprises:

if the order of the matrix that is obtained by performing the

convolution operation on the parameter matrix of the
filter feature of the apparatus to be compensated is
greater than 2M+2N+1, removing a same number of
columns from two ends to obtain the transformation
matrix with the order being 2M+2N+1; and

if the order of the matrix that is obtained by performing the

convolution operation on the parameter matrix of the
filter feature of the apparatus to be compensated is less
than 2M+2N+1, adding a same number of columns of
zeros at two ends to obtain the transformation matrix
with the order being 2M+2N+1.

4. The apparatus according to claim 1, wherein the target
performance index comprises the following: a bandwidth of
the predistortion signal experiencing the frequency mixing is
greater than or equal to three times a bandwidth of an ampli-
fied signal, a signal amplitude fluctuation within a passband
of a filter formed by the compensation filter and the conver-
sion unit is less than or equal to 1 dB, and a group delay
fluctuation of a filter formed by the compensation filter and
the conversion unit is less than or equal to 5 ns.

5. The apparatus according to claim 4, wherein the target
performance index further comprise the following: a differ-
ence between a stopband attenuation of the filter formed by
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the compensation filter and the conversion unit and a pass-
band attenuation is greater than or equal to 20 dB.
6. A method for implementing a compensation filter, com-
prising:
obtaining a first parameter matrix with the least number of
columns according to a target performance index,
wherein an order of the first parameter matrix is 2M+1;
determining an order of a parameter matrix of the compen-
sation filter as 2N+1;
performing a convolution operation on a parameter matrix
of a filter feature of an apparatus to be compensated, so
as to obtain a transformation matrix with an order being
2M+2N+1;
transforming the transformation matrix into a second
parameter matrix with 2N+1 columns and 2M+1 rows;
and
calculating a parameter of the compensation filter by using
the following formula:

W) g

wherein,

w denotes the parameter matrix of the compensation filter,
and W=[W_ns W_pats - - > Wal%s

q denotes the first parameter matrix, and g=[q_,,

T.
Qorrets - - -5 qM] ’
x denotes the second parameter matrix, and

XM-Ns X-M-N+ls --- 5 X-M+N

X-M-N+1s X—M-N+25 «++ 5 X-M+N+l»
x= H

XM-N> XM-N+l> ==+ 5 XM+N>

and

x' denotes a conjugate transpose matrix of x.

7. The method according to claim 6, wherein the transform-
ing the transformation matrix into a second parameter matrix
with 2N+1 columns and 2M+1 rows specifically comprises:

taking 2N+1 elements starting from the i th element in the

transformation matrix as the i th row of the second
parameter matrix, wherein 0<i<=2M+1, and i is a posi-
tive integer.

8. The method according to claim 6, wherein the perform-
ing a convolution operation on a parameter matrix of a filter
feature of an apparatus to be compensated, so as to obtain a
transformation matrix with an order being 2M+2N+1 specifi-
cally comprises if the order of the matrix that is obtained by
performing the convolution operation on the parameter
matrix of the filter feature of the apparatus to be compensated
is greater than 2M+2N+1, removing a same number of col-
umns from two ends to obtain the transformation matrix with
the order being 2M+2N+1; and

ifthe order of the matrix that is obtained by performing the

convolution operation on the parameter matrix of the
filter feature of the apparatus to be compensated is less
than 2M+2N+1, adding the same number of columns of
zeros at two ends to obtain the transformation matrix
with the order being 2M+2N+1.

#* #* #* #* #*
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